In this communication a novel beamforming scheme is presented, which is based on regular spatial sampling (RSS) of signals. RSS beamforming allows low-complexity algorithms for smart antennas, while at the same time improving the performance of those systems. An implementation concept is presented, which shows the feasibility of implementing RSS beamforming on today's readily available hardware platforms.
INTRODUCTION
In the LCR-TDD (Low Chip-Rate Time Division Duplex) mode of UMTS (Universal Mobile Telecommunications System), the application of smart antennas is anticipated (Holma et al., 2002) . A smart antenna is the combination of an array antenna with an appropriate signal processing algorithm, which is applied to the signals coming from or going to the antenna elements of the array antenna (Lehne et al., 1999) , (Correia,2001) . Smart antenna concepts range from simple switching between directive antenna elements of an array antenna to highly-sophisticated adaptive beamforming techniques, which aim to maximize the signal-tointerference-and-noise ratio (SINR) for the user of interest during reception, while in the transmit direction reducing the interference to other users as far as possible (Lehne et al., 1999) . Beamforming can be viewed as spatial filtering by adjusting the beam pattern of the array antenna through the application of beamforming weights to the signals of the antenna elements. Here, we will focus on receiver beamforming. The majority of beamforming concepts apply array antennas with a K identical wired antenna elements, making the analysis and design of the array antenna very simple. In order to avoid large unwanted side lobes the antenna spacing must not be larger than 2 λ , where λ is the wavelength of the radio signals in mind. However, placing the antenna elements too close increases the coupling between the antenna elements and broadens the minimum achievable beam width. Hence, in most arrays the antenna element spacing is 2 λ .
First the general concepts of conventional and the novel Regular Spatial Sampling (RSS) beamforming shall be considered. In figure 1 , a scenario consisting of three user signals impinging from the Directions Of Arrival (DOA) Likewise it is for the other two impinging signals.
The conventional beamformer can be viewed as a spatial matched filter as it maximizes the signal-tonoise ratio (SNR) in the receiver. However, since the beamformer steers the beam into the directions of the impinging signals, these directions have to be estimated. Appropriate DOA algorithms like e.g.
ESPRIT (Paulraj et al., 1986) can become computationally very complex. The expression of beams into the DOAs of the impinging signals can be seen as sampling the space. As can be seen from the above discussion this is an irregular spatial sampling, since the beams are directed into the DOAs of the impinging waves, which may be any directions. From the processing of time domain signals it is known that processing of irregularly sampled signals is often more complex than the processing of regularly sampled signals. This is the main idea of the novel RSS beamforming technique, which represents a regular sampling of the space , . Figure 2 shows the concept of RSS beamforming for the same scenario as above for the conventional beamforming. Contrary to conventional beamforming the number of expressed beams does not depend on the number of users. Instead a fixed number of beams is expressed, which is suitable to sample the space. For the circular array with a 4 K = antenna elements like the one for the conventional beamformer there are four independent beams possible, shown in figure 2 in blue, magenta, red and violet for the directions 0°, 90°, 180°, and 270°, respectively. Because of the beam width and the side lobes of the beams each beam naturally receives signals from more than one direction. These are not considered as interference as in the conventional beamforming concept, but contribute to the overall received energy due to maximum ratio combining schemes. Since the RSS beamformer directs its beams into predetermined directions it can totally renounce on DOA estimation techniques. This allows a low-complexity beamformer with very good performance. In this communication the performance of the RSS beamforming concept is investigated with respect to the LCR-TDD mode of UMTS. Especially, simulation results are shown with a promising performance. An implementation concept for a demonstrator is presented, which considers RSS beamforming with four antenna elements at a Node B of LCR-TDD of UMTS, demonstrating the feasibility of implementing RSS beamforming using today's conventional hardware. This communication is organized as follows. In Sect. 2, the system model for the channel estimation and the data detection will be presented. Sect. 3 will provide a novel channel estimation and an appropriate data detection algorithm, which are both based on the RSS beamforming concept. In Sect. 4 an implementation concept for a demonstrator will be presented. The performance of the RSS beamforming for the LCR-TDD mode of UMTS will be investigated in terms of simulations in Sect. 5. Both floating-point as well as fixed-point simulation results will be presented. Finally, in 
SYSTEM MODEL
In this section, the appropriate system models for channel estimation and data detection are presented. These models assume the LCR-TDD mode of UMTS, where each burst consists of two data parts, data 1 and data 2, separated by a midamble as shown in figure 3 . The two data parts hold the user data and consist of 352 chips each. The midamble transmitted in each burst is used for channel estimation and has a length of 144 chips. To mitigate different signal run times within a cell between near and far users each burst is appended by a guard period with a length of 16 chips. The total block length including the guard period is thus 864 chips. First the system model for the channel estimation is described, which is based on the transmitted midamble. For each user ,
is transmitted, where L is the midamble length and W denotes the number of paths. According to the RSS beamforming concept , 
Arranging these user and direction specific DCIR for all users in a new vector one obtains the direction specific DCIR vector given by the
The arrangement of the direction specific DCIR vectors associated with all directions in a new vector 
which contains phase factors associated with antenna element a k and direction d k , we define the phase rotation matrix for all antenna elements and all directions by the 
With the L KW × matrix of the user specific midamble training sequences G (Steiner and Jung, 1994) 
where the a 1 KK W × vector m n models additive noise associated with the received midamble and ⊗ is the Kronecker product. The system equation in (3) is the basis for the channel estimation. For derivation of the system model for data detection we set out from the data parts. In what follows the
with a total of N data symbols represents either the first or the second data part of the burst for each user k ,
According to ) the spreading of the data symbols by an Orthogonal Variable Spreading Factor (OVSF) code and the transmission over the directional channel can be expressed by the 
. According to ) the system equation for detection of the data transmitted in one of the data parts of a specific burst is given by ( ) 
The first Kronecker product in (7) 
we can rewrite (6) as
. (9) In this equation the operator {} vec ⋅ stacks the columns of the matrix. To determine the data detector we set out from the system equation (5) 
where the ( ) ( )
R is the temporal covariance matrix of the interferers associated with the received data. A comparison of (7) with (11) 
one can rewrite (10) by using(11) as { } a a 
. (14) 4 IMPLEMENTATION CONCEPT There is also a hierarchical system of PCI busses. These allow the DSPs to communicate with each other and with any device attached to the external PCI interface. Figure 6 shows the board diagram of the Node B.
The heart of the Node B are two Harrier boards, one for the transmitter and one for the receiver, respectively. Each of these Harrier boards is connected with the two RF boards, which provide the RF frontend for two antenna elements each.
There is an additional RF board which is used to operate a single calibration antenna element, which is required to calibrate the receive paths of the four RF frontends. The board named "Local Oscillator" is used to provide a system wide stable clock which is required for the exact timing. The heart of the Node B are two Harrier boards, one for the transmitter and one for the receiver, respectively. Each of these Harrier boards is connected with the two RF boards, which provide the RF frontend for two antenna elements each.
There is an additional RF board which is used to operate a single calibration antenna element, which is required to calibrate the receive paths of the four RF frontends. The board named "Local Oscillator" is used to provide a system wide stable clock which is required for the exact timing. The total system is implemented in a 19" rack which also has a PCI backplane.Besides the two Harrier boards a Single Board Computer (SBC) and a sound card are also attached to the PCI backplane. The SBC is used to control the whole setup and also for the multirate adaptive speech codec, while the sound card is used for speech input and output. However, in order to allow undisturbed real-time communications the Harrier boards are also connected by MangoLinks. In order to distribute the identified functions on the DSPs the complexity of each functional block is estimated in terms of Mega Instructions Per Second (MIPS). Implementation guidelines are to implement as many functions on DSPs as possible in order to be as flexible as possible. Hence, only rather simple functions running at high sample rates are implemented on the FPGAs. Moreover, as few as possible DSPs shall be used to keep the overall complexity moderate. Furthermore, the total estimated load of the DSPs shall be below the theoretical maximum of the DSPs keeping a relatively large margin. This analysis reveals that the Node B transmitter can be realized largely on a single DSP. Only the weighting with the calibration and beamforming weights and the RRC filtering is performed in the FPGA. The total load of the DSP is then 8.9526 MIPS . The Node B receiver is much more complex than the Node B transmitter and requires three DSPs and one FPGA for implementation . The FPGA is needed for the RRC filtering and the application of the calibration weights on the received data. Note, that in the Node B receiver, the application of the beamforming weights is performed in the JSD . DSP 1 is used for the channel estimation, power estimation, and calculation of the calibration weights. The total load of this DSP with the mentioned functions is estimated to be 61,008 MIPS . Since the JSD is the most complex function of the receiver, it requires a DSP more or less on its own. Only minor functions like parallel-to-serial multiplexing, SIR (Signal-to-Interference Ratio) estimation and LLR generation are also located on this DSP. The load of DSP 2 is estimated to be 1583.2884 MIPS . The remaining functions according to (3GPP TS 25.222 V5.2.0, 2002 ), (3GPP TS 25.223 V5.1.0, 2002 are implemented in DSP 3 . The total load of this DSP is estimated to be 51.6948 MIPS . However, this load can be further reduced by using the internal Viterbi Coprocessor of the TI C6416 DSP.
SIMULATION RESULTS
In , Matched Filter Bounds (MFB) were simulated to investigate the performance of the RSS beamformer in the uplink transmission direction. MFBs provide a lower limit for the achievable Bit Error Ratio (BER), that one can expect from an algorithm. The respective MFBs were obtained by considering a spatial mobile channel as described in , (Blanz and Jung, 1998) . In , it has been shown, that the RSS beamformer outperforms the conventional beamformer by comparing the MFBs. A comparison between the MFBs in , and link-level simulation results for a microcellular channel model is given in ). For the link-level simulations, the baseband signal processing according to (3GPP TS 25.222 V5.2.0, 2002 ), (3GPP TS 25.223 V5.1.0, 2002 was implemented in the UE transmitter. In the Node B receiver the functional blocks for the baseband signal processing were implemented as given in figure 5 . Especially, the channel estimation and the data detection were performed by using (9) and (13) with the noise covariance matrices assumed to be the identity matrices. In it was shown, that the implementation loss for a UCA with a 4 K = antenna elements at a BER of 3 10 − is about 1.4 dB. This degradation is due to imperfect channel estimation and data detection. It should be noted, that the implementation loss of 1.4 dB is a promising result, since the MFBs represent the best possible performance one can expect. For the link-level simulations in a floating point implementation of the simulator was considered. According to the selected hardware all functional blocks on the DSPs and FPGAs of the demonstrator have to run in a fixedpoint implementation. For further validation, a fixed-point implementation of the simulator is used to find limitations and degradations of the fixed point implementation. The functional blocks realized in fixed point can then be transferred directly to the demonstrator hardware. , (Blanz and Jung, 1998) was considered. In accordance to the simulations in ) the uplink transmission was considered, where a single user was placed randomly in the environment for each simulation run. For a given signal to noise ratio ( )
10log E N a total of 1000 simulation runs were considered. At each simulation run 100 bursts as shown in figure 3 were transmitted. With QPSK modulation and a spreading factor of eight a total of 17.6 Mio. bits were transmitted for each signal-tonoise value. For the fixed-point implementation a 16 bit quantization was used. This means that the input and the output of each arithmetic operation are fixed-point values with a word length of 16 bit. However, intermediate results may require more bits and have to be scaled appropriately. In figure 7 the abbreviations "fl. p." and "fix. 
CONCLUSIONS
In this communication an overview of a novel lowcost beamforming concept based on regularly spatial sampling of signals is presented. The performance of the RSS beamforming is investigated by means of simulations with respect to the LCR-TDD mode of UMTS. It has been demonstrated, that the RSS beamformer shows promising performance in terms of bit error ratios. Moreover, a robust fixed-point implementation of the RSS beamforming is presented. For further validation of the performance of the RSS beamformer, an implementation concept for a demonstrator is developed in order to show the feasibility of implementing RSS beamforming on today's readily available hardware platforms. It has been shown, that the total digital baseband signal processing in the Node B receiver can be implemented on three standard DSPs.
